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INNOVATION AND EXCELLENCE IN PRECISION DATA ACQUISITION 



• DATA CONVERSION COMPONENTS 

A/Ds MULTIPLEXERS 
SAMPLING A/Ds AMPLIFIERS 
SAMPLE-HOLDs FILTERS 
D/As HDASs 



• DATA ACQUISITION BOARDS 



VME 

PC/AT 

PANEL PRODUCTS 

DIGITAL PANEL METERS 
PROCESS MONITORS 

POWER PRODUCTS 

DC-DC CONVERTERS 
AC-DC CONVERTERS 



MULTIBUS 



PRINTERS 
CALIBRATORS 



DATEL was founded in 1970 as a 
producer of high performance 
Analog-to-Digital Converters and 
Data Acquisition products. Our 
administrative offices, 
engineering, modular and 
sub-system production facilities 
and hybrid production facilities 
qualified to MIL-STD-1772, are 
housed in our 180,000 square foot 
facility in Mansfield, 
Massachusetts. 
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TIME DOMAIN VERSUS FREQUENCY DOMAIN 



SIGNAL ANALYSIS 



SPECTRAL 
COMPONENTS 




COMPOSITE ANALOG SIGNAL 
(STEADY STATE INSTANTANEOUS 
ALGEBRAIC SUM OF ALL 
SPECTRAL COMPONENTS) 



Time domain data collected 
from an A/D converter is 
mapped into the frequency 
domain using the Fast Fourier 
Transform (FFT) algorithm. 



FFT PLOT OF ADS-130 
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A non-ideal FFT plot of an 
actual Sampling A/D 
illustrates the input 
frequency, harmonics generated 
and the noise floor. A 
single-tone frequency of 4.85 
MHz was the input for this 
12-bit, 10 MHz device. 
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FOURIER TRANSFORM FOR A/Ds 



THE FOURIER TRANSFORM IS INTENDED TO OPERATE ON CONTINOUS 
"WAVEFORM" DATA FROM — TO +~. 



X(f) = J x^e** dt WHERE a = 2 jrf 



DISCRETE FOURIER TRANSFORM (DFT) IS USED ON SAMPLED A/D DATA. THE 
IDEAL CONTINUOUS WAVEFORM FROM -~ TO +~> HAS BEEN REPLACED WITH 
SAMPLED POINTS ON A WAVEFORM FOR A LIMITED TIME PERIOD. 



X (nAf) = Z x(kAt)e At 



WHERE: N = TOTAL # OF POINTS IN THE RECORD 
nAf = FINITE # OF FREQUENCY POINTS 
At = SAMPLING INTERVAL 
k= INTEGER 



THE FAST FOURIER TRANSFORM (FFT) ALGORITHM IS USED IN IMPLEMENTING 
THE DISCRETE FOURIER TRANSFORM DUE TO THE FFT'S MATHEMATICAL 
EFFICIENCY. 



The Fast Fourier Transtorm is 
a mathematically efficient 
algorithm to supplant the 
Discrete Fourier Transform. 
Likewise the DFT is used to 
supplant the Continuous 
Fourier Transform for time 
sampled data. In principle, 
most aspects of the CFT 
transfer to the DFT and FFT, 
however there are nuances that 
demand attention. 

N data points in the time 
domain produce N/2 points 
(amplitude and phase) in the 
frequency domain. 



FFT VERSUS DFT PROCESSING 




# OF POINTS 


FFT IMPROVEMENT 






N 


N 2 /N LOG 2 N 






128 


x 18.2 






256 


x32 






512 


X56.9 






1024 


x 102.4 






2048 


x 186.2 






4096 


X341.3 






8192 


x 630.2 




V 









The Fast Fourier Transform 
(FFT) requires NLog 2 N 
operations (multiplication & 
addition) while the Discrete 
Fourier Transform (DFT) 
requires N 2 operations. 
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FAST FOURIER TRANSFORM 
WEAKNESSES/CURES 



ALIASING / NYQUIST SAMPLING 



• LEAKAGE / WINDOWING 



• PICKET-FENCE EFFECT / # OF FFT POINTS 



Successful application of the 
FFT demands an appreciation of 
three basic limitations; 
aliasing, leakage and 
picket-fence effect. 

Observation of the Nyquist 
Sampling rate, utilizing 
windows to weight the 
non-infinite sequenced data 
and choosing an appropriate 
number of FFT points provide 
the appropriate solutions to 
these limitations. 



FREQUENCY DOMAIN SPECIFICATIONS 



• SIGNAL-TO-NOISE RATIO & DISTORTION (SINAD) 

• SIGNAL-TO-NOISE RATIO WITHOUT DISTORTION 

• TOTAL HARMONIC DISTORTION 

• IN-BAND HARMONICS 

• SPURIOUS FREE DYNAMIC RANGE (SFDR) 

• TWO-TONE INTERMODULATION DISTORTION 

• NOISE POWER RATIO (NPR) 

• EFFECTIVE BITS 



Some key Frequency Domain 
specifications for Sampling A/D 
converters are listed. 
Understanding how these are 
defined and under what conditions 
is as important as knowing the 
FFT pitfalls and cures. 
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FREQUENCY SPECTRA DEMONSTRATING 
THE SAMPLING THEORUM 



(a) CONTINUOUS 
SIGNAL SPECTRUM 



tc 

FREQUENCY FOLDING 



(b) SAMPLED 
SIGNAL SPECTRUM 




fs-fc a Ic 



fs + fc 



The Nyquist Sampling Theorem 
requires that a continuous 
bandwidth-limited analog signal, 
with frequency components out to 
f c , must be sampled at a rate f s 
which is a minimum of 2/ c . 

If the sampling frequency fs is 
not high enough, part of the 
spectrum centered about fs will 
fold over into the original signal 
spectrum (frequency folding). 
Frequency folding can be 
eliminated in two ways: first by 
using a high enough sampling rate, 
and second by filtering the signal 
before sampling to limit its 
bandwidth to f s /2. 



ALIAS FREQUENCY CAUSED BY 
INADEQUATE SAMPLING RATE 



SIGNAL 




SAMPLING 
PULSES 



ALIAS 

FREQUENCY 



An inadequate sampling rate has 
the effect of producing an alias 
frequency in the recovered 
signal. Sampling at a rate less 
than twice per cycle results in an 
alias which is significantly 
different from the original 
frequency. 



OMR 
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PROCEDURE: 

. ANALYZE THE INPUT FREQUENCY AS: Fin = K(Fs/2) + AF 

WHERE: 

Fin = INPUT FREQUENCY 
Fs = SAMPLING RATE 

K = ODD OR EVEN INTEGER (MULTIPLE OF HALF THE SAMPLING RATE) 
(NEED TO DETERMINE K WHEN SUBSTITUTING INTO THE FORMULA) 
AF = DIFFERENTIAL CHANGE IN FREQUENCY NEEDED TO EQUATE THE 
FORMULA 

(NEED TO DETERMINE AF WHEN SUBSTITUTING INTO 
THE FORMULA) 



IF K IS ODD: ALIAS FREQUENCY = (Fs/2) 
IF K IS EVEN: ALIAS FREQUENCY = AF 



AF 



The aliasing formulas are useful 
in determining where a harmonic 
will alias back into the signal 
spectrum. Conversely, a harmonic 
or spurious frequency can suggest 
possible frequencies that caused 
them. An example could be a 
system clock operating at a much 
higher frequency appearing as an 
alias in the signal spectrum. 

An initial disconcertment over two 
unknowns and one formula is 
reduced once familiarity with the 
substitution process is practiced. 



EXAMPLE: 

ANALYZE WHERE THE 2nd HARMONIC OF A 4.85 MHz SIGNAL WILL ALIAS WHEN 
DIGITIZED WITH A 10 MHz SAMPLING RATE. 

F, = 1 MHz F„ = 2nd HARMONIC = 9.7 MHz F,/2 = 5 MHz 
SUBSTITUTING INTO THE FORMULA F ln - K(F s /2) + AF 
ENABLES THE DETERMINATION THAT: K = 1 (ODD) AND AF = 4.7 MHz 
THEREFORE ALIAS FREQUENCY = (F./2) - AF = 300 KHz 



ORIGINAL SIGNAL 
- SPECTRUM -M 



4.85 MHz SIGNAL 



SAMPLING RATE 



ALIAS OF 
97 MHz 
(300 KHz) 



ALIAS OF 
14.55 MHz 
(4.55 MHz) 




3rt FREQUENCY (MHz) 

HARMONIC 
(14.55 MHz) 



Utilizing the alias formulas, a 
2nd harmonic (9.7 MHz) of a 4.85 
MHz signal frequency when sampled 
at 10 MHz will appear as an alias 
frequency of 300 KHz on an FFT 
plot. 

Similiarly, a 3rd harmonic of the 
4.85 MHz signal (14.55 MHz) would 
then yield K = 2 (even) and AF = 
4.55 MHz. The alias frequency 
would appear as AF, or 4.55 MHz, 
on the FFT plot. 
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CLASSIC" SAMPLE-HOLD 



ANALOG 
INPUT 




The sampling process begins for 
many applications with the 
Sample-Hold (S/H) in front of the 
Analog-to-Digital Converter. 

The "classic" open loop follower 
sample-hold architecture has a 
buffer in front of the switch to 
quicken capacitor charging and 
gives the S/H a high input 
impedance. Adding a buffer behind 
the hold capacitor reduces 
capacitor charge bleeding and 
output droop. 



KEY SAMPLE-HOLD SPECIFICATIONS 



ACQUISITION TIME 




HOLD MODE SETTLING TIME 



SAMPLE-TO-HOLD 
TRANSIENT 



SWITCHING TIME DELAY 
(APERTURE DELAY) 



START 
CONVERT 



X ERROR BAND 

: 



W— HOLD-I 
SETTLI 



HOLD-MODE 
SETTLING TIME 



Among the key specifications for a 
Sample-Hold are Acquisition Time 
and Hold Mode Settling Time. 

Acquisition Time of a S/H starts 
with the sample command and ends 
when the voltage on the hold 
capacitor enters and stays in the 
error band. Acquisition time is 
defined for a full-scale voltage 
change, measured at the hold 
capacitor. 

When an A/D converter follows a 
S/H, the start conversion pulse 
must be delayed until the output 
of the S/H has had enough time to 
settle within the error band and 
stays there. 
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APERTURE UNCERTAINTY 




RATE OF CHANGE , 



dV 



At = t u 



The actual voltage digitized by the 
data converter depends on the 
input signal slew rate and the 
"aperture time." The "aperture time" 
is application and architecture 
dependent. 

The "aperture time," At, could be 
the conversion time of the A/D 
converter used without a Sample- 
Hold. The "aperture time" could 
also be the aperture delay time 
specification of a Sample-Hold. 
Applications with repetitive 
sampling, such as those utilizing 
the FFT, can use the aperture 
uncertainty (t u ) specification. The 
aperture delay is just phase 
information which is not required in 
identifying the frequency compo- 
nents. 



DETERMINING MAXIMUM FREQUENCY 
FOR SINUSOIDAL INPUTS 



GIVEN: E = [dV/dt]T 

WHERE: E = VOLTAGE ERROR TOLERABLE 

dV/dt = SIGNAL SLEW RATE 

T = "APERTURE TIME- 



SINUSOIDAL SIGNAL FORM 
TAKING THE 1ST DERIVATIVE 
AT ZERO CROSSING 
YIELDING 



Vin 
dV/dt 
t 

dV 



V-SIN(2n ft) 
(27t f)V COS(2tc ft) 
n/2f (n = 1,2,3...) 
(2tc fV)dt 



MAXIMUM FREQUENCY (f) = 



dV 



dt(2ic)V 



The Sample-Hold ideally stores an 
instantaneous voltage (sample 
value) at a desired instant of 
time. The constraint on this time 
is aperture uncertainty for 
sinusoidal waveforms. 

Noise affecting the logic threshold 
level of the sample-hold command 
creates a timing uncertainty in the 
switch and driver circuit (aperture 
uncertainty). The resulting error 
voltage for a given period of time 
increases with the rate of change 
of the input signal. 

Determining the maximum possible 
frequency to digitize a ±10V 
sinusoid to ±1/2 LSB accuracy to 
12-bits yields (for aperture 
uncertainty = 50ps): 

2.44 mV 

/ = = 776 KHz 

(50ps)2jt10V 
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FREQUENCY DOMAIN SPECIFICATIONS 



SIGNAL-TO-NOISE RATIO & DISTORTION (SINAD) 
SIGNAL-TO-NOISE RATIO WITHOUT DISTORTION 
TOTAL HARMONIC DISTORTION 
IN-BAND HARMONICS 

SPURIOUS FREE DYNAMIC RANGE (SFDR) 
TWO-TONE INTERMODULATION DISTORTION 
NOISE POWER RATIO (NPR) 
EFFECTIVE BITS 



Some key Frequency Domain 
specifications for Sampling A/D 
converters are listed. 
Understanding how these are 
defined and under what conditions 
is as important as knowing the FFT 
pitfalls and cures 



LOGARITHMS 



dB = 20 log(V2/V1) 
FOR V2/V1 = 10,000 »> 20 log(1 0,000) = 80dB 
FOR V2/V1 = 0.0001 »> 20 log(0.0001) = -80dB 
FOR A 1 2-BIT CONVERTER, 2 12 = 4096 
20log(4096) = 72.2 dB »> 72.2dB/12-BITS = 6.02dB/BIT 



-0.5dB 


_ 1 0( 0.5/20) _ 


0.944 


-3dB 


_ ^Q(-3O0) _ 


0.707 


-6dB 


= io<- 6/20 > = 


0.5 


-20dB 


= 1 0(-2O/2O) = 


0.1 



Some common algebraic 
manipulations of logarithms are 
shown as many of the frequency 
domain specifications will be 
expressed in dBs. One useful rule 
of thumb is 6 dB of dynamic range 
per bit of resolution. 

The test condition of -0.5dB below 
Full Scale is becoming important 
in Frequency Domain specifications 
and testing. The IEEE has 
recommended -0.5dB as one of the 
test conditions for the frequency 
domain specifications for Waveforrr 
Instrumentation. 
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SIGNAL-TO-NOISE RATIO i 



FOR AN IDEAL A/D: 



RMS SIGNAL 
SNR = RMS NOISE -6.02n + 1.76dB 



WHERE n = # OF BITS 

RESOLUTION 



8 BITS 
10 BITS 
12 BITS 
14 BITS 
16 BITS 



IDEAL SNR 

49.9 dB 
62.0 dB 
74.0 dB 

86.0 dB 

98.1 dB 



Signal-To-Noise Ratio is the ratio 
of the RMS signal to the RMS 
noise. The RMS noise includes all 
nonfundamental spectral compo- 
nents which in a non-ideal A/D 
would include the harmonics, any 
spurious frequencies and the noise 
floor of the device, but excluding 
dc. 

Higher resolution A/Ds reduce the 
"quantization noise" further, 
enabling a better signal-to-noise 
ratio to be obtained. 



SIGNAL-TO-NOISE RATIO & DISTORTION (SINAD) 



THE "CLASSIC" DEFINITION OF SNR INCLUDED THE HARMONICS 
. THE SIGNAL IS THE FUNDAMENTAL FREQUENCY 

. THE NOISE IS ANYTHING UNWANTED WHICH INCLUDED THE HARMONICS, ANY 
SPURIOUS FREQUENCIES AND NOISE FLOOR (OFFSET ERROR EXCLUDED). 

. THE "CLASSIC" DEFINITION OF SNR IS NOW OFTEN STATED AS: 

SIGNAL-TO-NOISE RATIO & DISTORTION (SINAD) 

IF SIGNAL-TO-NOISE RATIO IS SPECIFIED WITHOUT THE DISTORTION, SINAD 
CAN BE DETERMINED AS FOLLOWS: 



SNR & DISTORTION (in dB) = -20 Log V(10 SNRW ' ODIST "°> +(10* THDno ) 



Traditionally, when a 
Signal-to-Noise Ratio 
specification was published, the 
signal was the fundamental 
frequency and the noise was 
anything unwanted (harmonics, 
spurious frequencies, noise floor). 

Today, it is important to 
determine if the SNR specified is 
with or without distortion. If 
the SNR w/o distortion and the 
Total Harmonic Distortion (THD) 
are specified, SINAD can be 
calculated. 

In Data Converters, the published 
SINAD specification may suggest 
upon calculation that better SNR 
w/o Distortion and Harmonic 
Distortion specifications than 
published exist. 

The more conservative individual 
guaranteed specifications are 
sometimes due to the subtle A/D 
design tradeoffs. If the 
harmonics are lower, the noise 
floor may be higher, however the 
guaranteed SINAD specification 
can still be maintained. 
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SIGNAL-TO-NOISE RATIO (SNR) 



RMS SIGNAL 



GIVEN THE SINUSOIDAL EXPRESSION: v(t) = Asinco t 



AMPLITUDE A = 1/2 the Full Scale Range (FSR) 



RMS signal = 



FSR/2 



<2 <2 
WHERE q = LSB SIZE 



(2" 1 )q 
<2 



r 



SIGNAL-TO-NOISE RATIO (SNR) 



RMS NOISE 

QUANTIZATION ERROR - ± 1/2 LSB 

RMS QUANTIZATION NOISE = Q„ - q Wl2~ WHERE q - LSB SIZE 

TO GET EQUAL DISTRIBUTION OF THE QUANTIZATION ERROR, A TRIANGLE WAVEFORM 
COULD BE ASSUMED FOR THE QUANTIZATION ERROR WITH A PERIOD T UTILIZED TO 
DERIVE THE RMS QUANTIZATION NOISE AFTER SOME INTEGRATION AS FOLLOWS: 



-1/2 ™ 



Q,(<>|™- q/VlF, YIELDING: 

SNR - 20 Log [ V6~ (2"- 1 )] - 6.02n + 1 .76 dB 



SNR - V «««',' rms ' 



As the theoretical calculations 
for Signal-to-Noise Ratio are 
developed, some algebraic 
manipulations allow the formula to 
be developed as a function of the 
# of bits of the data converter. 



An ideal A/D is limited by the 
inherent quantization error of ±1/2 
LSB maximum where an LSB = 
FSR/2 n (n = # of bits, FSR = Full 
Scale Range). 

The quantization error is similar 
to the analog input being in the 
presence of white noise and is 
often expressed as quantization 
noise. The root-mean-square valu« 
of the quantization error is used 
as the average quantization error 
is zero (just as likely to be +1/2 
LSB as -1/2 LSB of error). 

Differential nonlinearities in 
data converters which are not able 
to meet the ideal quantization 
errors contribute to degraded 
Signal-to-Noise ratio. 
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SPECTRAL AVERAGING 



ADS- 117 FFT PLOT 



SPECTRAL AVERAGE (X10) 




-80 
-100 
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-1 





0.500 
(MHz) 



AVERAGE =6.02n + 10log[ 
NOISE FLOOR 



3N 



Ttx (ENBW) 



] dB WHERE: n = # OF BITS RESOLUTION 

N = NUMBER OF DATA POINTS 
ENBW = EQUIVALENT NOISE BANDWIDTH 
OF THE WINDOW FUNCTION 



PRACTICALLY: 



NOISE tota| (rms) = a/ [NOISE Q (rms)] 2 + [NOISE c (rms)] 2 + [NOISE A (rms)] 2 



A spectral average of the FFT 
allows distinguishing the 
harmonics and the noise floor 
level much easier. Now the 
magnitudes at each FFT point can 
be averaged to help overcome the 
randomness of the noise. 

The quantization noise creates a 
grassy pattern at the bottom of 
the FFT plot known as the noise 
floor. An ideal 12-bit A/D with a 
full scale sinewave input, a 4096 
point FFT and a Blackman-Harris 
window (ENBW = 2) yields a 
theoretical noise floor of 105.1 
dB utilizing the formula shown. 

The noise in a data converter can 
be attributed to the quantization 
noise (number of bits), the inherent 
converter noise (semiconductor 
junction noise, resistor noise) and a 
frequency dependent term (the 
noise due to aperture uncertainty). 



SIGNAL-TO-NOISE RATIO CAUTIONS 



• DETERMINE IF SNR & DISTORTION (SINAD) OR SNR W/O DISTORTION 
IS BEING USED 

. MAKE SURE FULL SCALE SIGNALS ARE BEING TESTED 

1) -0.5dB DOWN FROM FULL SCALE IS CONSERVATIVE 
TEST CONDITION 

2) BEWARE IF FULL SCALE NOT SPECIFIED AT ALL 

. MAKE SURE THE SIGNAL FREQUENCY IS SPECIFIED 

1) CHARACTERIZATION TO NYQUIST IS CONSERVATIVE TEST 
CONDITION 

• ADDITIONAL CONCERNS COULD INCLUDE: 

1) HOW MANY FFT POINTS WERE USED 

2) WHAT WINDOWING FUNCTION WAS USED 



Comparison of various Data 
Converter Signal-to-Noise Ratio 
specifications requires similar 
test conditions. 

Full Scale signals (-0.5dB down or 
about 94% of the Full Scale Range) 
characterized through Nyquist are 
recommended. A smaller full scale 
range may not exercise the data 
converter in a region where there 
are nonlinearities (harmonics in 
the frequency domain). Also, 
noise from such sources as 
aperture uncertainty may increase 
as a function of the input 
frequency. Typically, a good data 
converter's SNR degrades as the 
input signal decreases. 

Further insight could include the 
frequency resolution of the FFT 
(how many FFT points) and the 
windowing functions utilized. 
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TOTAL HARMONIC DISTORTION (THD) 



THD (rms) = 20 Log V [ io< 2 ™ iH * R «')] 2 + [ 1 0' 3 " 1 n*"™) ] 2 . 



TOTAL HARMONIC DISTORTION INCLUDES ALL THE 
HARMONICS BY DEFINITION 



Total Harmonic Distortion (THD) is 
the ratio of the rms sum of the 
harmonics to the rms of the 
fundamental signal. The harmonics 
appear at integer multiples of the 
fundamental frequency. 

Integral Nonlinearities appear as 
harmonics in the frequency domain. 
The amount of Total Harmonic 
Distortion is related to how many 
codes have an integral 
nonlinearity which is non-ideal. 
Typically, a good data converter's 
THD improves as the input signal 
decreases. 

Practically speaking, the first 
five harmonics are the major 
contributors to THD. Test 
conditions of various 
manufacturers may state the first 
6, 9 or 40 harmonics, etc are used 
in the calculation. 



SPURIOUS FREE DYNAMIC RANGE (SFDR) 
AND IN-BAND HARMONICS 



SPURIOUS FREE DYNAMIC RANGE (SFDR) AND IN-BAND 
HARMONICS ARE SIMILAR IN THEIR DEFINITION AS THE WORST 
CASE HARMONIC, SPURIOUS SIGNAL OR NOISE COMPONENT 
RELATIVE TO THE INPUT LEVEL. PRACTICALLY SPEAKING, THIS 
USUALLY ENDS UP AS BEING THE WORST HARMONIC 
(2nd HARMONIC). 



THESE ARE DISCUSSED HERE AS SOME MANUFACTURERS USE 
THE SPURIOUS FREE DYNAMIC RANGE SPECIFICATION AND 
SOME USE THE IN-BAND HARMONICS. THESE SPECIFICATIONS 
DIFFER FROM TOTAL HARMONIC DISTORTION (THD) WHICH 
INCLUDES ALL HARMONICS. 



The Spurious Free Dynamic Range 
(SFDR) and In-Band Harmonic 
specifications are intended to 
indicate the largest harmonic, 
spurious frequency or noise 
component. This is usually the 
2nd harmonic (rarely the third), 
but should the harmonics be 
indistinguishable from the noise, 
then these specifications cover 
this situation also. 

These specifications indicate the 
usable dynamic range to the user, 
the range in which frequency 
components other than the 
fundamental do not exist. 



Innovation and Excellence 



13 



FREQUENCY DOMAIN TEST CONDITIONS 

FULL SCALE INPUT CONSIDERATIONS 
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200 300 
KHz 



ADS-112 FFT @ -4.44 dB OF FS 



2nd HARMONIC 
SINAD 

EFFECTIVE BITS 
DNL 



-88.1 dB 
66.9 dB 
11.54 BITS 
±0.48 LSB 
1 MHz 
490 kHz 



SNR = 6.02n + 1 .76dB - 20 log 




ADS-112 FFT @ -0.5 dB OF FS 



2nd HARMONIC 
SINAD 

EFFECTIVE BITS 
DNL 

F. 



-84.9 dB 
70.4 dB 
11.41 BITS 
+0.55 LSB 
1 MHz 
490 kHz 



FULL SCALE AMPLITUDE 
ACTUAL INPUT 



The 12-bit, 1 MHz Sampling A/D 
(ADS-112) is shown for different 
input voltages with an input 
frequency, F. n , of 490 KHz. Note 
the noise floor and harmonic 
changes which occur at the 
different full scale inputs. 

In comparing A/D converter 
specifications, it is important 
that comparable test conditions 
were employed. The conservative, 
-0.5 dB down from full scale, test 
condition is recommended. 



FREQUENCY DOMAIN TEST CONDITIONS 

FREQUENCYCONSIDERATIONS 


























































































































200 300 
KHz 



ADS-112 FFT @ 90 KHz 



2nd HARMONIC 
SINAD 

EFFECTIVE BITS 
DNL 

INPUT SIGNAL 
F. 



-88.2 dB 
71.1 dB 
11.58 BITS 
±0.51 LSB 
-0.5dB of FS 
1 MHz 















































































i . 





300 400 500 



ADS-112 FFT @ 490 KHz 



2nd HARMONIC 
SINAD 

EFFECTIVE BITS 
DNL 

INPUT SIGNAL 



-84.9 dB 
70.4 dB 
11.41 BITS 
±0.55 LSB 
-0.5dB of FS 
1 MHz 



The FFT plot shows an input 
frequency spectrum up to 500 KHz 
for the 12-bit, 1 MHz ADS-112. It 
is important in comparing 
specifications to make sure the 
input frequency is defined. Note 
the better specifications when the 
frequency is closer to DC versus 
close to the maximum for Nyquist 
sampling. 

The ADS-112's FFT plot shows 
spectral components up to half the 
sampling rate (F s ). Make sure the 
sampling rate is defined for any 
FFT plots which do not use 
frequency for the X-axis. Some FFT 
plots have used "frequency bins" 
(to be discussed later) which would 
not allow the user to determine the 
sampling rate or input frequncy (do 
not assume the maximum sampling 
rate, F was used). 
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EFFECTIVE BITS 



EFFECTIVE BITS USES NUMERICAL METHODS TO 

COMPARE HOW CLOSE A DIGITIZED 

SINEWAVE REPRESENTS AN IDEAL MATHEMATICAL 

MODEL. 



D/A »»> MONOTONICITY 
A/D »»> NO MISSING CODES 
ADS »>» EFFECTIVE BITS 

CORRELATE EFFECTIVE BITS WITH SNR (& DISTORTION) 

r 

SNR -1.76+ | 20 Log 




FULL SCALE AMPLITUDE 



EFFECTIVE BITS 



ACTUAL INPUT AMPLITUDE 



6.02 

INPUT LEVEL CORRECTION FACTOR 



SNR = 6.02n + 1.76dB- | 20 Log 



FULL SCALE AMPLITUDE 
ACTUAL INPUT AMPLITUDE 



Errors from Differential and 
Integral Nonlinearities, aperture 
uncertainty, noise and 
quantization error (noise) are 
involved in determining the # of 
effective bits. 

The effective bit specification is 
a figure of merit on the overall 
A/D transfer function. As 
monotonicity is to 
Digital-to-Analog Converters and 
as no missing codes is to A/Ds, 
effective bits gives a useful 
insight into a Sampling A/D's 
transfer function as a function of 
frequency. 

In correlating effective bits to 
signal-to-noise ratio, a 
correction factor for the formula 
is needed when the sinusoid input 
is less than full scale: 

correction factor = 

full scale amplitude 



+20log 



actual input amplitude 



6.02 



EFFECTIVE BITS 



IDEAL SINEWAVE: Asin(27tft + <)>) + DC 

WHERE: A,f, 0, and DC ARE CALCULATED TO "BEST-FIT' THE A/D DATA 
A = AMPLITUDE; f = FREQUENCY, + = PHASE, DC = DC OFFSET 

THE RMS ERROR BETWEEN AN IDEAL SINEWAVE AND THE BEST-FIT SINEWAVE IS: 

ERROR„ 



" m- 



£ [Dm-Asin (27rftm + <j>) - DC] 2 

m-1 



WHERE: E = CALCULATED rms ERROR 
N = DATA RECORD LENGTH 
Dm = THE DATA 



TAKING THE PARTIAL DERIVATIVE OF E^, WITH RESPECT TO EACH OF THE 
FOUR PARAMETERS YIELDS: 



EFFECTIVE BITS = n - log 2 



qWlF 



WHERE q = LSB SIZE 



Numerical methods such as least 
squared minimization techniques 
can be used in comparing the ideal 
sinewave to the digitized 
sinewave. 

As for many of the frequency 
domain tests, in performing the 
sine wave curve fit, it is 
important to assure that the input 
is not harmonically related to the 
sample frequency, i.e. the input 
frequency is not a sub-multiple of 
the sample frequency. Certain 
codes would increase in occurence 
and SNR might improve as the 
harmonics alias back onto the 
fundamental. 

The number of data points, Dm, 
should also be large giving good 
frequency resolution. The actual 
frequency can then be readily 
determined. 
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TWO-TONE INTERMODULATION DISTORTION 



-rrvrAi inn on i , RMS OF SUM & DIFFERENCE OF DISTORTION PRODUCTS , 
TOTAL IMD -20 log ( RMS VALUE OF FUNDAMENTAL 1 



.20 log V 



Z X [(IMD(mo>, ±n<o 2 )] 2 
m-1 n»1 



TOTAL IMD - 20 log V [, (IMD @ F, + F 2 /20)] ! + [,„ (IMD @ F, - F 2 120)]' + [,„ (IMD @ 2F, + F, /20)f 



*V ... + [ 10 (IMD @ 2F, - F 2 /20)] ! + [, (IMD @ F, * 2F 2 /20)]* + [ 10 (IMD @ F, - 2F, /20)]> * . 



Typically used in communication 
applications such as when multiple 
frequencies are multiplexed onto a 
single carrier, two-tone 
intermodulation distortion is the 
output distortion resulting from 
one sinusoidal input signal's 
interaction with another signal at 
a different frequency (tone). 

As in harmonic distortion, 
nonlinearities in the A/D transfer 
in the frequency domain as 
intermodulation distortion, 
occuring for two-tone inputs at 
the sum and difference 
frequencies. 



TWO-TONE INTERMODULATION DISTORTION 
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80 160 240 320 400 180 560 640 720 600 

SHOWN ARE TWO EQUAL AMPLITUDE SINUSOIDS, Sin(2it F, t) AND Sin(2K F a t) OF DIFFERENT 
FREQUENCIES F, , F 2 . 

. HARMONICS STILL APPEAR AT nF, and nF, WHERE n IS AN INTEGER 

• NOW ALSO SEE COMPONENTS AT mF + nF AND mF - nF WHERE m,n ARE ANY INTEGERS: 



FOR THE FFT SHOWN: 
2nd ORDER TERMS: 

3rd ORDER TERMS: 



(F, + F a ), (176 KHz + 256 KHz - 432 KHz) 
(F, - F 2 ), (176KHz-2S6KHz = -80KHz) 
(2F, + F ), (2 x 1 76 KHz + 256 KHz - 608 KHz) 
(2F, - F, ), (2 x 176 KHz - 256 KHz » 96 KHz) 
(F, +2F 2 ), (1 76 KHz + 2 x 256 KHz - 688 KHz) 
(F, - 2F 2 ), (176 KHz - 2 X 256 KHz - -336 KHz) 



An FFT is shown with two input 
frequencies (tones) applied. The 
input amplitudes should combine to 
produce a resultant signal 
amplitude of -0.5 dB down from 
full scale. Utilizing individual 
signals that are less than -6 dB 
down from full scale will prevent 
clipping of the input signals. 
Also, these input signals should 
not be closer than the frequency 
resolution of the FFT. 

Normally, two input signals close 
to the upper end of the bandwidth 
(1/2 the sampling rate) are used 
as test signals (lower frequency 
tones shown here to easily 
demonstrate the IMD). This 
results in the 2nd order terms 
being spaced far apart from the 
original signals while there are 
third order terms which are spaced 
close to the input signals. The 
third IMD terms which are close to 
the input signals are difficult to 
filter. 
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NOISE POWER RATIO (NPR) 



FOR AN IDEAL A/D: 



NPR = 



FULL SCALE OF THE A/D Q2" _ 2° 
K(QUANTIZATION NOISE) " KQa/12 " KV72 



WHERE: 



Q = QUANTIZATION LEVEL (Q V 12 IS QUANTIZATION NOISE) 
n = # OF BITS 

K - LOADING FACTOR rms^NOISE^IeVEL 



NPR M = 6.02n + 20log( VT/K) dB 



Noise Power Ratio (NPR) is a 
specification developed for 
Frequency Division Multiplexed 
Communication Equipment. In a 
multi-channel environment, the 
signals in the off channels can 
create thermal and intermodulation 
effects on the channel of 
interest. 

Practical NPR testing simulates 
the random noise which would occu 
in the multi-channel environment 
through the use of a noise 
generator. A narrow-band notch 
filter is switched in and out and 
a noise receiver utilized in 
determining the ratios. FFT based 
NPR testing usually demands 
excessive data records to obtain 
the relevant frequency resolution 
for the band of interest. 

Testing is performed at low, 
medium and high frequencies as 
various errors from nonlinearity, 
intermodulation or crossover 
distortion, and phase distortion 
may be more prevalent at certain 
frequencies. 



NOISE POWER RATIO (NPR) 



PEAK TO PEAK NOISE 




K 


OUT OF 
RANGE 


IN 
RANGE 


2 


32% 


68% 


4 


5% 


95% 


6 


.3% 


99.7% 


8 


.005% 


99.995% 


10 


.0003% 


99.9997% 



LOADING FACTOR (K) VERSUS (a) 



The Noise Power Ratio (NPR) 
calculation requires a loading 
factor, K, be used to prevent 
clipping and its associated 
distortion. Here, the 
peak-to-peak noise is graphed as a 
function of sigma (a = rms noise 
level). 

For a 12-bit accurate system, 
choosing a value of 8 for K will 
assure that only a small amount of 
the noise (1 LSB = 0.024% FSR) is 
outside the full scale range of 
the converter 
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INPUT BANDWIDTH 




LARGE SIGNAL 
BANDWIDTH 



SMALL SIGNAL 
BANDWIDTH 



LARGE SIGNAL BANDWIDTH: 

FREQUENCY WHERE THE MAXIMUM SINUSOIDAL INPUT SIGNAL HAS DECREASED BY 
3dB AS DERIVED FROM THE DIGITAL OUTPUT DATA. 

FULL POWER BANDWIDTH: 

MAXIMUM FREQUENCY FULL SCALE SINE WAVE DIGITIZED WITHOUT SPURIOUS OR 
MISSING CODES. 

SMALL SIGNAL BANDWIDTH: 

BANDWIDTH WHERE THE AMPLITUDE IS 1/10 THE VALUE (-20dB) OF THE MAXIMUM 
INPUT AMPLITUDE. 



A/D converters should have wide 
input bandwidths for handling 
transients or pulse type analog 
inputs. Sinusoids digitized at 
Nyquist undergo full scale steps 
from one conversion to the next. 
However the step function is not 
able to track the input signal 
between conversions and presents 
a more stringent test. 

A step function, such as created 
when a multiplexer switches 
between multiple channels or 
perhaps full scale steps between 
pixels (white/dark edges) in an 
imaging application, may also 
undergo full-scale steps from one 
conversion to the next. 

Wide input bandwidths also prevent 
phase shifts from occuring in such 
applications as I & Q channels in 
radar. Additionally, fast 
recovery times to input 
overvoltage conditions which are 
not clamped are achieved when 
wide input bandwidths are present. 



TRANSIENT RESPONSE & OVERLOAD RECOVERY TIME 



TRANSIENT RESPONSE »»> ACQUISITION TIME 

OVERLOAD RECOVERY TIME: 

TIME AFTER THE INPUT RETURNS TO THE A/D CONVERTER'S NORMAL 
OPERATING INPUT RANGE UNTIL THE TIME THAT THE A/D CAN MAKE A 
PROPER CONVERSION. 

THE OVERVOLTAGE CONDITION NEEDS TO BE SPECIFIED. +/- 20% ? 

+/- 2X INPUT? 



Acquisition time, the time needed 
for a sample-hold to acquire a 
full scale step signal is 
sometimes referred to as transient 
response. Full scale steps, 
pulses or transients can be a more 
difficult test for an A/D than a 
sinusoidal type input. A wide 
input bandwidth and fast 
acquisition time (transient 
response) assures the A/D can 
handle these transients. 
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ADS-130 

12-BIT, 10 MHz SAMPLING A/D CONVERTER 



FUNCTIONAL SPECIFICATIONS 

Apply over the operating temperature range: 

±1 5V and ±5V power supplies unless otherwise specified 



DYNAMIC PERFORMANCE 
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DYNAMIC PERFORMANCE 
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Key specifications for determining 
how an A/D converter will handle 
sinusoidal or pulse/step 
applications are shown. Note the 
minimum-maximum specifications 
over temperature and the frequency 
domain specifications as a 
function of the full scale input 
(-0.5 dB) and frequency. 



FREQUENCY DOMAIN TEST CONDITIONS 

FFT SIZE/ACCURACY CONSIDERATIONS 



FFT ACCURACY = -%=f dB 
n V N 



WHERE: n =# OF BITS RESOLUTION 

N = NUMBER OF DATA POINTS 



ACCURACY OF FFT 
NUMBER OF DATA POINTS: 256 4096 

RESOLUTION 

12-BIT 0.021dB 0.24% 

14-BIT 0.01 8dB 0.21% 

16-BIT 0.016dB 0.18% 



0.005dB 0.06% 
0.0045dB 0.051% 
0.0039dB 0.045% 



The size of the FFT (number of 
data points) utilized determines 
the frequency resolution and the 
accuracy of the FFT. The table 
shows that taking more samples 
improves the accuracy of the FFT, 
however note that the square root 
relationship prevents a dramatic 
accuracy gain. The 4096 point FFT 
yields a 0.06% accuracy which is 
more suitable for 12-bit A/Ds. 
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COHERENT & NONCOHERENT SAMPLING 



COHERENT SAMPLING: 

AN INTEGER NUMBER OF SINEWAVE CYCLES ARE USED IN THE DATA 
RECORD FOR THE FFT. 

• FREQUENCY CONTENT OF THE INPUT SIGNAL HAS TO BE KNOWN 
. PROVIDES THE LARGEST DYNAMIC RANGE 

• ELIMINATES "LEAKAGE" AND THE NEED FOR "WINDOWING- 
NONCOHERENT SAMPLING 

A NON-INTEGER MULTIPLE OF THE SINEWAVE CYCLE IS IN THE DATA 
RECORD. 

. NEEDED WHEN THE FREQUENCY CONTENT OF THE INPUT 

SIGNAL IS UNKNOWN 
. A "WINDOW FUNCTION TO TIME-WEIGHT THE DATA IS 

REQUIRED. 



The Fourier Transform expects to 
work on continuous data from -°° 
to +~. In performing an FFT, the 
infinite amount of data has been 
truncated to contain a finite 
number of samples. 

At the heart of this mathematical 
exercise in transforming time 
domain data to the frequency 
domain is the goal that complete 
cycles of sinusoidal waveforms are 
being analyzed. Coherent sampling 
assures that complete cycles are 
used. 

Noncoherent sampling utilizes 
windowing functions to approximate 
this ideal. This is accomplished 
by having the data at the ends 
(partial cycle) go to zero. 
Careful selection of the window 
function is required to minimize 
the fundamental frequency leaking 
into other frequency "bins." 



COHERENT SAMPLING 



THE ANALOG INPUT SINEWAVE FREQUENCY AND THE A/D SAMPLING 
RATE NEED TO OBSERVE THE FOLLOWING RELATIONSHIP FOR 
COHERENT SAMPLING: 



WHERE: 
Fs 



N 



nFs 
N 



INPUT SINEWAVE FREQUENCY 

SAMPLING RATE 

PRIME NUMBER (1,3,5,7,11, ETC) 

(PRIME #s ASSURE EACH DATA POINT IS UNIQUE) 

NUMBER OF SAMPLES TAKEN 



NOTE: THE INPUT FREQUENCY AND THE SAMPLING RATE NEED 
TO BE FREQUENCY LOCKED. 



Coherent sampling requires the 
input frequency to be frequency 
locked to the A/D sampling rate. 
Assuring complete cycles 
eliminates the need for windowing 
functions to force the data at the 
boundaries to zero. 

Coherent sampling becomes 
important with higher resolution 
A/Ds as the window functions reach 
their limit. The 4-term 
Blackman-Harris window's sidelobe 
is -92 dB down and begins to be a 
factor in 14 and 16-bit A/D 
testing. 
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NON-COHERENT SAMPLING - FFT WINDOW ASPECTS 



• FREQUENCY RANGE/RESOLUTION 

• SPECTRAL LEAKAGE 

• 3 dB BANDWIDTH 

• PICKET-FENCE EFFECT (SCALLOP LOSS) 

• EQUIVALENT NOISE BANDWIDTH 

• WORST CASE PROCESSING LOSS 



Non-coherent sampling is required 
when the input frequency is 
unknown and is therefore more 
representative of an actual A/D 
application. The windows utilized 
in non-coherent sampling attenuate 
the sidelobe errors while 
spreading out the main-lobe 
response. 

A number of characteristics of the 
window chosen and FFT become 
important depending on the 
__S application. 



FREQUENCY RANGE/RESOLUTION OF THE FFT 



FREQUENCY RANGE OF THE FFT . Fr 



MINIMUM FREQUENCY RESOLUTION OF THE FFT = AF 



(# OF FREQUENCY BINS) 



FREQUENCY RESOLUTION = AF - 



SAMPLING RATE 



SAMPLING RATE (F s ) 
RECORD LENGTH OF FFT (N) 



(ENBW) SAMPLING RATE 
RECORD LENGTH 



WHERE ENBW - EQUIVALENT NOISE BANDWIDTH 



Per Nyquist, the frequency range, 
Fr, is the Sampling rate divided 
by two. The frequency resolution, 
Fs/N, is the minimum FFT bin 
width. Depending on the 
particular window utilized, the 
bin width increases by the 
Equivalent Noise Bandwidth 
(ENBW). 
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SPECTRAL LEAKAGE 






SPECTRAL LEAKAGE IS CAUSED BY FINITE DATA RECORDS NOT REPRESENTING 
COMPLETE CYCLES. DISCONTINUITIES AT THE BOUNDARIES OCCUR WHEN 
COMPLETE CYCLES ARE NOT REPRESENTED. 

WINDOW FUNCTIONS WEIGHT THE DATA HEAVILY IN THE CENTER OF THE DATA 
RECORD AND BRINGS THE SIGNAL TO ZERO AT THE BOUNDARIES. 



Spectral leakage occurs when 
energy from one frequency spreads 
into adjacent ones. This occurs 
when a fraction of a cycle exists 
in the waveform that is subjected 
to the FFT. Window functions are 
used to reduce the spectral 
leakage. 



SPECTRAL LEAKAGE 



i r 



THE WINDOWING OF THE DATA IS SIMILAR TO MULTIPLYING THE SIGNAL BY A 
RECTANGULAR WINDOW. MULTIPLICATION IN THE TIME DOMAIN IS ANALOGOUS 
TO CONVOLUTION IN THE FREQUENCY DOMAIN. 

THE FOURIER TRANSFORM OF A RECTANGULAR WINDOW IS THE POPULAR (SIN X)/X 
OR SINC FUNCTION. CONVOLVING THE SPECTRUM OF DATA, x(nA t), WITH THIS 
FUNCTION SMEARS THE CALCULATED SPECTRUM OF x(t). THE SPECTRAL 
AMPLITUDES OF x(f) WILL LEAK THROUGH THE SIDELOBES OF THE SINC 
FUNCTION, SPREADING ENERGY FROM ONE FREQUENCY INTO ADJACENT 
FREQUENCIES. 



The various window functions 
modify the main lobe and side 
lobes of the basic sine function 
shown for a rectangular window. 
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3.0 dB BANDWIDTH (IN BINS) 



3.0 dB DIP 




NON-RESOLVABLE 
SIGNAL PEAKS 



RESOLVABLE 
SIGNAL PEAKS 



The 3.0 dB bandwidth (in frequency 
bins) is defined as the minimum 
bandwidth where two closely 
spaced signals can still be 
resolved. Two signals separated by 
less than their 3.0 dB bandwidth 
are erroneously resolved into a 
single spectrum component. 

The ideal 3.0 dB bandwidth is 
equal to one FFT bin width, 
requiring a windowing function 
with characteristics of an ideal 
bandbass filter (0 dB in the 
passband, steep attenuation 
outside). 



PICKET FENCE EFFECT 
(SCALLOP LOSS) 




• LOSS IN GAIN FOR A FREQUENCY MIDWAY BETWEEN TWO BIN FREQUENCIES 

• SCALLOP LOSS VARIES DEPENDING ON WINDOW CHOSEN 

• AMPLITUDE OF THE kTH SPECTRAL LINE = VA* + B* 



WHERE: A, • ™ 2 WmOmCos [ 



B, . X £ WmDmSin[ 2ld< K 1 ) j 



A K = MAGNITUDE OF SINE 
B K = MAGNITUDE OF COSINE 
Wm - WEIGHTING FUNCTION 
Dm - AMPLITUDE OF THE DATA POINT 
N . NUMBER OF DATA POINTS 



The picket-fence effect or scallop 
loss (dB) can be significant for 
multi-tone signals. The FFT 
output points (frequency bins) 
occur at the sample frequency 
divided by the number of FFT 
points. The deviation in gain 
from dB within +1/2 frequency bin 
is the scallop loss. 

This scallop loss can vary from 
3.92 for the rectangular window to 
0.83 for the 4-term 
Blackman-Harris window. 
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EQUIVALENT NOISE BANDWIDTH 
(ENBW) 



I F((0)| ' 



PEAK POWER GAIN 
= |F(0)|> 



ENBW 









/\ /\f\S\J — ► 


t 




/ v m 




WINDOW FUNCTION 



EQUIVALENT NOISE BANDWIDTH OF WINDOW 



• DETERMINING THE SPECTRAL AMPLITUDE OF A SIGNAL IS AFFECTED BY THE 
NOISE IN THE BANDWIDTH OF THE WINDOW 

. NARROW BANDWIDTH FILTERS ARE USED TO MINIMIZE THIS NOISE 

. ENBW IS THE WIDTH OF A RECTANGULAR FILTER WITH THE SAME PEAK POWER 
GAIN WHICH WOULD ACQUIRE THE SAME NOISE POWER AS THE WINDOWING 
FUNCTION UTILIZED. 



r 



WORST CASE PROCESSING LOSS 



COMBINES SCALLOP LOSS WITH THE PROCESSING LOSS WHICH OCCURS 
AT THE DATA RECORD BOUNDARIES. 



THE WORST CASE PROCESSING LOSS REDUCES THE SIGNAL-TO-NOISE RATIO 
DUE TO WINDOWING AND THE WORST CASE FREQUENCY LOCATION. 



MAINLY AN ISSUE FOR MULTI-TONE TESTING 



A window function acts like a 
filter, weighting the inputs for 
the final calculation over its 
entire bandwidth. To detect 
low-level signals, windows with 
narrow bandwidths are used to 
minimize the noise. 

The equivalent noise bandwidth (in 
frequency bins) can vary from 1.0 
for the rectangular window to 2.0 
for the 4 term Blackman-Harris 
window. 



The worst case processing loss 
varies from 3.0 to 4.3 dB for 
various windowing functions. This 
loss becomes important when 
detecting low level signals in the 
presence of many other frequencies 
where contribution to a spectral 
component may be shared by 
different frequency bins. 
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COMMON FFT WINDOWING FUNCTIONS 



FOUR TERM BLACKMAN-H ARRIS 

. FLATNESS OF MAIN LOBE - ACCURATE PEAK AND POWER MEASUREMENTS 

HANNING 

• IMPROVED FREQUENCY RESOLUTION OVER RECTANGULAR OR TRIANGULAR 
WINDOWS. 

HAMMING 

• OPTIMIZED TO LOWER THE 1ST SIDE LOBE. 

. DETECTION OF CLOSE FREQUENCY LINES IMPROVED 

RECTANGULAR 

. TRANSIENT SIGNALS 

. HIGHEST SIDELOBES LIMIT ABILITY TO: 

(1) RESOLVE TWO CLOSE SPECTRAL COMPONENTS 

(2) DETECT LOW AMPLITUDE FREQUENCIES (MASKED BY LEAKAGE) 

TRIANGULAR 

. CANNOT DETECT A WEAK SPECTRAL LINE IN THE PRESENCE OF STRONG 
SIGNALS 



A variety of window functions 
exist with five of the more common 
listed here. Window selection may 
depend on ease of processing, 
single or multi-tone testing, 
presence of a small signal in the 
near vicinity of a large signal, 
etc.. 



FFT WINDOW CHARACTERISTICS 



WORST 





HIGHEST 
SIDELOBE 

m 


3.0 dB 
BANDWIDTH 
(BINS) 


SCALLOP 
LOSS 
(dB) 


ENBW 
(BINS) 


CASE 
PROCESS 
LOSS(dB) 


4-TERM BLACKMAN-HAR 


RIS -92 


1.90 


0.83 


2.0 


3.85 


HANNING (COS*X) 


-32 


1.44 


1.42 


1.5 


3.18 


HAMMING 


-43 


1.3 


1.78 


1.36 


3.10 


RECTANGULAR 


-13 


0.89 


3.92 


1.00 


3.92 


TRIANGULAR 


-27 


1.28 


1.82 


1.33 


3.07 



Some of the major characteristics 
are shown for some of the common 
FFT windows. Note the -92 dB side 
lobe for the 4-term Blackman 
Harris window used in testing 
precision A/Ds 
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HISTOGRAMS (CODE DENSITY TEST) 



COUNT 

29.6 



J 



2047 
CODE 

ADS-131 HISTOGRAM 
@ 2.45 MHz Fin 
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100 2047 3995 

CODE 

ADS-131 DIFFERENTIAL 
NONLINEARITY @ 2.45 MHz Fin 



HISTOGRAM USED IN TESTING DIFFERENTIAL NONLINEARITY 

SINEWAVE INPUTS VERSUS DC RAMPS ALLOW TESTING AS A FUNCTION OF FREQUENCY 



PROBABILITY DENSITY FUNCTION FOR A SINEWAVE = P(V) = 



1 



nVA 2 -V 2 

WHERE: A = PEAK AMPLITUDE OF SINEWAVE 

P(V) = PROBABILITY OF OCCURENCE AT VOLTAGE V 



The histogram plot of the 12-bit, 
5 MHz ADS-131 sampling A/D shows 
the possible output codes along 
the X axis and the frequency of 
occurrence along the Y axis for a 
sinewave. This is then compared 
to the probability density 
function of an ideal sinusoid in 
determining the differential 
nonlinearity of the A/D. 

Sinusoids allow testing 
differential nonlinearity as a 
function of the input frequency 
(non-coherent sampling). More 
occurrences are seen at the peak 
of the sinewave versus at the zero 
crossing where maximum slew rate 
of the sinusoid occurs. Ramp 
testing as an input for a 
histogram is usually used for slow 
changing signals only. 
Discontinuities at the peak would 
require infinite bandwidth for no 
distortion. 



HISTOGRAM ACCURACY 



NUMBER OF SAMPLES (Nt) REQUIRED FOR A PARTICULAR PRECISION IN LSBs ( p ) 
AND CONFIDENCE (C) FOR AN n-BIT CONVERTER IS: 
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WHERE: Z„ = # OF STANDARD DEVIATIONS 
FOR ANY CHOSEN a 

100 -C 
a= ~200~ 
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The differential nonlinearity for 
a 12-bit converter with a 99% 
confidence to 0.1 LSB accuracy 
would require 4.3 million 
samples. Dividing the 4.3 million 
samples by 4096 codes (2 n where n 
=12) is about 1000 records. Using 
100 records yields 1/4 LSB 
accuracy. 

Histogram testing is not popular 
for integral nonlinearity. 
Integral nonlinearity would 
require more samples and 
associated longer testing time. 
Drifts in the input signal's 
amplitude or offset or the A/D's 
offset or gain would produce 
erroneous results. An alternative 
method would be to use an FFT 
where nonlinearity appears as 
harmonics. 
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BEAT FREQUENCY TEST 




SAMPLING 
CLOCK 



BEAT FREQUENCY TESTING IS A FIGURE OF MERIT TEST GIVING QUICK INSIGHT 
INTO AN A/D's GROSS DYNAMIC ERRORS. 

DIFFERENTIAL NONLINEARITIES AND MISSING CODES APPEAR AS DISTORTIONS OR 
DISCONTINUITIES IN THE LOW FREQUENCY SINEWAVE. 

THE BEAT FREQUENCY IS SET TO CHANGE BY ONE LSB FROM ONE CONVERSION TO 
THE NEXT: 



Af . 



2"7t 



WHERE: Af = BEAT FREQUENCY 
F s = SAMPLING RATE 
n = # OF BITS 



Setting the full scale input 
sinewave frequency equal to the 
sampling rate of the A/D would 
ideally give the same output code 
for each conversion. Offsetting 
the input sinewave frequency such 
that from one conversion to the 
next a maximum of one LSB change 
occurs results in a beat 
frequency, Af. 

This slow beat frequency gives a 
quick, visual demonstration of the 
A/D's performance utilizing 
computer graphics or 
reconstruction D/As. The D/A's 
update rate should be frequency 
locked with the A/D sampling rate. 



ENVELOPE TEST 
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SIMILAR TO BEAT FREQUENCY TEST WITH THE OFFSET FREQUENCY BEING AT TWO 
SAMPLES PER CYCLE. 

THE A/D IS REQUIRED TO SLEW EFFECTIVELY FROM PEAK TO PEAK ON THE 
SINEWAVE FROM ONE CONVERSION TO THE NEXT. 

A DIGITAL DIVIDER IS USED TO SEND EVERY OTHER SAMPLE TO THE D/A, 
ALLOWING A LOW FREQUENCY BEAT FREQUENCY TO BE OBSERVED. 



The envelope test is more 
demanding than a beat frequency 
test as it requires the A/D to 
slew from one extreme of the full 
scale range to another on 
successive conversions. 
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LOW-PASS FILTERS FOR SIGNAL GENERATORS 



HARMONICS OBSERVED ON THE FFT PLOT MAY BE DUE TO: 

• SIGNAL GENERATOR 

• RESOLUTION/FREQUENCY DEPENDENT 

• FILTER USED TO REMOVE THE SIGNAL GENERATOR 
HARMONICS 

• DRIVE/IMPEDANCE MATCHING WHEN PASSIVE FILTER USED 

• TEST FIXTURING 

• THE A/D CONVERTER 



Careful analysis of the sources of 
the harmonics appearing on an FFT 
plot of an A/D would go beyond the 
A/D itself. The signal 
generator, anti-alias filtering, 
and test fixturing are all 
potential causes of harmonics. 



PASSIVE VERSUS ACTIVE FILTERS 



PASSIVE FILTERS 

. UTILIZE RESISTORS, CAPACITORS 

AND INDUCTORS 
. LOWER NOISE THAN ACTIVE TYPE 

ESPECIALLY AT HIGHER FREQUENCIES 
. LESS HARMONIC DISTORTION 
. NO POWER SUPPLY REQUIRED 
. IMPEDANCE MATCHING ISSUES 
• LARGE SIZE 

. STABLE VERSUS FREQUENCY 



ACTIVE FILTERS 

. UTILIZE OP AMPS, RESISTORS 

AND CAPACITORS 
. BULKY AND EXPENSIVE INDUCTORS 

ELIMINATED 

• EASY TO CONTROL GAIN 

• TUNABLE 

• SMALL SIZE 

• LOW WEIGHT 

• MINIMAL SHIELDING PROBLEMS 
. HIGH INPUT IMPEDANCE 

LOW OUTPUT IMPEDANCE 



A comparison of the virtues of 
passive versus active filters are 
shown. As the resolution and 
frequency increase, the passive 
filters become the filters of 
choice. 
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COMMON ANTI-ALIAS FILTER TYPES 



BUTTERWORTH 

FLATTEST RESPONSE NEAR DC, MODERATELY FAST ROLL-OFF, ATTENUATION RATE - 

6dB/OCTAVE, STABLE PHASE SHIFT, F c OCCURS AT -3dB, CONSTANT AMPLITUDE 

EMPHASIS VERSUS TIME DELAY OR PHASE RESPONSE. OVERSHOOTS ON STEP RESPONSE. 

CHEBYSHEV 

RAPID ATTENUATION ABOVE THE CUTOFF FREQUENCY WITH SOME PASSBAND RIPPLE, F c 
OCCURS WHEN THE ATTENUATION EXCEEDS THE SPECIFIED RIPPLE. HAS A SQUARER 
AMPLITUDE RESPONSE THAN THE BUTTERWORTH BUT LESS DESIRABLE PHASE AND TIME 
DELAY. 



CAUER (ELLIPTICAL) 

SURPASSES OTHER DESIGNS FOR CRITICAL AMPLITUDE APPLICATIONS, VERY SHARP 
ROLLOFF RATE WITH SOME RIPPLE, SQUAREST POSSIBLE AMPLITUDE RESPONSE WITH 
POOR PHASE AND TRANSIENT RESPONSE. 

BESSEL FILTERS 

OPTIMIZED FLAT PHASE RESPONSE OVER WIDE INPUT FREQUENCY, MODERATE 
ATTENUATION RATE, F c OCCURS WHERE PHASE SHIFT IS 1/2 THE MAX PHASE SHIFT, 
AMPLITUDE NOT AS FLAT AS BUTTERWORTH, ROLLOFF IS SLOW, GAIN ROLLOFF COULD 
MODIFY AMPLITUDE, IMPORTANT IN PULSE TRANSMISSION AS AVOIDS 



OVERSHOOT/UNDERSHOOT. 



Some of the common anti-alias 



filter types are listed. For 
frequency analysis of high 
resolution, high-speed A/D 



converters, the Cauer (Elliptical) 
filter finds broad usage. 
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FINAL SUMMARY 



SEMINAR OBJECTIVES: 



UPON COMPLETION OF THIS SEMINAR YOU WILL BE ABLE TO 
UNDERSTAND THE VARIOUS A/D CONVERTER FREQUENCY 
DOMAIN SPECIFICATIONS. 



DATEL THANKS YOU FOR YOUR PARTICIPATION 
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